12 United States Patent

US007158567B2

(10) Patent No.: US 7,158,567 B2

Wang et al. 45) Date of Patent: Jan. 2, 2007
(54) METHOD AND APPARATUS FOR 6,418,164 B1* 7/2002 Endres et al. ............... 375/232
IMPROVED HIGH-SPEED FEC ADAPTIVE 6,490,007 B1* 12/2002 Bouillet et al. ............. 348/614
EQUALIZATION 6,545,567 Bl 4/2003 Pavan et al.
6,570,943 B1* 5/2003 Goldston et al. ........... 375/350
(75) Inventors: John S. Wang, Sunnyvale, CA (US); ,
2 Y C q
Jeff Rahn, Mountain View, CA (US); (Continued)
Sudeep Bhoja, San Jose, CA (US) FOREIGN PATENT DOCUMENTS
(73) Assignee: Vitesse Semiconductor Corporation, WO WO 2005/034370 A2 4/2005
Camarillo, CA (US) _
(Continued)
( *) Notice: Subject. to any disclaimer{ the term of this OTHER PURI ICATIONS
patent 1s extended or adjusted under 35
U.S.C. 1534(b) by 49 days. Ding, 7., et al., “On The Admussibility Of Blind Adaptive Equal-
1zers”, Acoustics, Speech, and Signal Processing, 1990, ICASSP-
(21) Appl. No.: 10/810,271 90, 1990 International Conference on Apr. 3-6, 1990, vol. 3 (pp.
1707-1710).
(22) Filed: Mar. 26, 2004 (Continued)
(65) Prior Publication Data Primary Examiner—lemesghen Ghebretinsae
US 2005/0008070 A1 Jan. 13, 2005 I(jﬁlf)) Attorney, Agent, or Firm—Christie, Parker & Hale,
Related U.S. Application Data (57) ABSTRACT
(63) Continuation-in-part of application No. 10/677,123,
ﬁled on Sjap. 39: 2(_)03: now Pat. N_O- 7_:003:228: which A method for performing adaptive equalization 1s presented
Is a continuation-in-part of application No. 09/955, comprising receiving a Forward Error Correction (FEC)
278, filed on Sep. 11, 2001. encoded signal from a channel, filtering the received FEC
encoded signal using a filter according to at least one
(51) Int. Cl. adjustable filter coeflicient to produce a filtered signal,
HOSH 7730 (2006.01) evaluating the filtered signal to generate a signal error
(52) US.CL ..o, 375/232; 375/350; 708/323 output, adjusting the at least one adjustable filter coefficient
(58) Field of Classification Search ................ 3775/233, in response to the signal error output, performing FEC
375/350, 229, 285, 263, 232, 228, 236; 343/614, decode processing dependent on the filtered signal to gen-
348/726; 370/241; 333/18, 28 R; 708/322, erate an FEC output, and adjusting the at least one adjustable
o | 708/323 filter coeflicient 1n response to the FEC output. In one
See application file for complete search history. embodiment, the signal error output relates to Mean Squared
(56) References Cited Error (MSE), and the FEC output relates to bit error rate. The

U.S. PATENT DOCUMENTS

at least one adjustable filter coeflicient may be first adjusted
in response to the signal error output until a specified
condition 1s met, then adjusted in response to the FEC

3,845,390 A 10/1974 De Jager et al. outout
4,032,762 A * 6/1977 Caloyannides .............. 708/322 ptit-
5,880,645 A * 3/1999 Everitt et al. ................. 333/18
6,385,237 B1* 5/2002 Tsuietal ...o............ 375/228 16 Claims, 17 Drawing Sheets
6850
Threshold Clock
860 862
852 B58 Y |
_
Controllable 1 Decision FEC
Input Data »| Filter Element decoder Qutput Data
Signal
L_> Error }/354
8356
Controelier 1 Deteclor

|




US 7,158,567 B2
Page 2

U.S. PATENT DOCUMENTS

6,647,070 B1* 11/2003 Shalvi et al. ............... 375/285
6,904,110 B1* 6/2005 Trans et al. ................. 375/350
2002/0034222 Al 3/2002 Buchwald et al.
2005/0129107 Al* 6/2005 Park et al. .................. 375/233

FOREIGN PATENT DOCUMENTS
WO WO 2005/034370 A3

9/2005
OTHER PUBLICATIONS

Macchi, O., et al., “Convergence Analysis Of Self-Adaptive Equal-
1zers”, Information Theory,IEEE Transactions, vol. 30, Issue 2, Mar.
1984 (pp. 161-176).

Ungerboeck, G., “Nonlinear Equalization Of Binary Signals In
Gaussian Noise”, Communications, IEEE Transactions on [legacy,
pre-1988] vol. 19, Issue 6, Part 1, Dec. 1971 (pp. 1128-1137).
Dualibe, C., et al., “Embedded Fuzzy Control For Automatic
Channel Equalization After Digital Transmissions”, Circuits and

Systems, 2001, ISCAS 2001. The 2001 IEEE International Sym-
posium, vol. 3, May 6-9, 2001 (pp. 173-176).

Wang, J., Office Action for U.S. Appl. No. 09/955,278, filed Sep. 11,
2001, entitled “Method And Apparatus For Improved High-Speed
Adaptive Equalization”, Office Action Mailed Dec. 13, 2005 (15
pgs.).

Glentis, G.-O,., et al., “Eflicient Least Squares Adaptive Algorithms
For FIR Transversal Filtering”, Signal Processing Magazine, IEEE
Signal Processing Magazine, vol. 16, Issue 4, Jul. 1999 (pp. 13-41).

Glentis, G.-O.A., et al., “Fast Adaptive Algorithms For Multichan-
nel Filtering And System Identification”, IEEE Transactions on
Signal Processing, vol. 40, Issue 10, Oct. 1992 (pp. 2433-2458).

Qureshi, SU.H., “Adaptive Equalization”, Proceedings of the
IEEE, vol. 73, Issue 9, Sep. 1985 (pp. 1349-1387).

Monterro, P. et al. 40 Gbit/s Electrically Adjustable Post-detection
Filter. [retrieved on Mar. 19, 2004], Retrieved from the Internet:
<URL: www.fub.it/atlas/TF__technical.doc>, 4 pages.

Godard, D. (1980). “Self-Recovering Equalization and Carrier
Tracking in Two-Dimensional Data Communication Systems,”

IEEE Transactions on Communications, vol. Com-28, No. 11,
1867-1875.

* cited by examiner



U.S. Patent Jan. 2, 2007 Sheet 1 of 17 US 7,158,567 B2

20 Transversal Filter (SiGe IC) | _ 30
\ 8taps, 55ps spacing Eye Monitor (SiGe IC) /

-_— @ wr 4 e ik A Sk IS A S T O T O S S T S T - S e

' decision circuits

A e S 2w  MEES O mam O mmam o ammh O mem R el SRR O O AR B WS O EEE W O Wee Sy ek

=

eye monitor,
decision gate

»
recovered

C signal
Ucq...-Ucs
clock rec. _—40

t  transversal
filter

U1 UE"]’E
ADC/DAC 50
10 / Tap voltages via
look-up tables
Adaptation
LOGIC (PC)

Dithering
of estimated

A'ce ye

FIG. 1
(PRIOR ART)



U.S. Patent Jan. 2, 2007 Sheet 2 of 17 US 7,158,567 B2

Signal Amplitude
-

5 10 15 20 25 30 35 40
Time(ps) 60

FIG. 2A
(PRIOR ART)

81 82
80

R
Ve

EO %\"éﬁé‘%&}é‘é
=R\ ‘v‘f[ %/ Q"Véf"\'/q
= / X Q \_‘;’

5 10 15 20 25 30 35 40
Time(ps)

FIG. 2B
(PRIOR ART)



U.S. Patent Jan. 2, 2007 Sheet 3 of 17 US 7,158,567 B2

S0

,Output
Signal

150 200

Error
Generator
250
Control Signal Equalizer
Control

FIG. 3

100

Input Data Controllable
Signal Analog Filter

F

Error
Acquisition

103

Controllable Analog Filter — 7T
(Decision Feedback Equalizer) L/

Slicer

Input .
110 111 119 ;
R

Cor;trol
Signal

FIG. 4



induyl [indino
B1e(q/|04juo)| |eleq/|onuo)
[eusa)x3y| |{|euleix3y
leuondQ| {leuondQ

US 7,158,567 B2

|
_ “ _
_ _ {
_ _ !
| _ )
_ _ _
(N)D " "
" _ 002
_ |
” | _
| # "
I~ _
— \\m 10559201d0IDIN _ _
& _ i
~ “ ”
,_m , _
P I [
7 | _
I~
— T T
o
3
2-......
E 0z

(1)D

‘3
l u| J8zijlenb3

L0l 901 GOl
13}|14 Bojeuy ajqejjonuo)

U.S. Patent



U.S. Patent Jan. 2, 2007 Sheet 5 of 17 US 7,158,567 B2

Output
Signal

202
Error
Acquisition
203
Error
Acquisition
| 154 204
Error Error
Generator N Acquisition
252
Control Signal Equalizer
Control

FIG. 6

e —————————————— A ——.

102

152
Input Controllable Error _
Signal Analog Filter Generator 1
183
Error
Generator 2

92

Optionally, the process begins when one or more 400
control algorithms are activated or selected

Optionally, the process continues when one 410
or more controllable analog filters are initialized

One or more data signal inputs are received 420
by one or more controllable analog filters

One or more controllable analog filters 430
filter one or more input data signals
One or more filtered data signals are carried 440
on one or more controllable analog filter outputs

FIG. 7A



U.S. Patent Jan. 2, 2007 Sheet 6 of 17 US 7,158,567 B2

Preferably, one or more error generators 450
receive filtered data signal output signals

Preferably, an error generator may assess the
performance of one or more analog filters
according to one or more error functions and
generate one or more error generator output signals

460

Preferably, error generator output 470
sighals are further processed

Preferably, one or more equalizer controliers 480

receives one or more processed signals

The equalizer controller may compute 490
a new set of coefficients according {o
one or more error minimization algorithms

FIG. 7B

One or more equalizer controliers control
the controllable analog filter by providing
control signal inputs that are used to change
controllable analog filter coefficients

Optionally, iterate one or more times 510
by returning to step 420

FIG. 7C

500



U.S. Patent Jan. 2, 2007 Sheet 7 of 17 US 7,158,567 B2

600

The initial filter coefficients may be set to:
c(1)=0, c(2)=0, ¢(3)=0...c(N-1)=0, c(N)=1.0

An initial error signal may be acquired from 610
the ADC 207 and assigned to a variable, x

. . 615
Set variable i =
Coefficient c(i) in the controllable analog filter 620
may be set to c(i) + A where A is a small number
€1 < N Acquire a new error signal collected with 630
N controllable analog filter set to the new c(i)
value and call this error signal value x(i)
640

Restore the value of ¢(i) in the controllable analOg
filter back to its original value (c(i}-A) and increment |

ifi>N
go to Step 650
FIG. 8A

_ 650
Compute the gradient vector

Perform a line search to find the value of t that
minimizes the error signal for coefficient values

[c(1) c(2)...c(N)] - t* [g(1) g(2)...g(N)] for t = Q.
The notation [¢(1) c(2)...c(N)] denotes the
N-dimensional vector whose i'th component is ¢(i)

665
Validate results and discard invalid results

Set the coefficients for the controllable analog filter
to: to [c(1) ¢(2)...c(N)] = [c(1) c(2)...c(N)] — tmin * 670

660

[g(1) g(2)...g(N)], where tmin is the value of t
determined according to the line search
executed in Step 660

680
Optionally, return to Step 610

FIG. 88



U.S. Patent Jan. 2, 2007 Sheet 8 of 17 US 7,158,567 B2

200

Vb
vl o] T Trea] e o
733 : & 748 @ 752 137
739 /43
LT 7] i 7 e ) e 1 g

741 755 757 90 759 761 149

FIG. 9

Vit

Vi—

VO—

125

vi+

Gain Buffer
(Delay)

FIG. 11



U.S. Patent Jan. 2, 2007 Sheet 9 of 17 US 7,158,567 B2

0.5 — Limit Amp
= - = Signum
£ 0
= |
O !

-0.5 .
] gl :
— ] —l L
-1.5 —1 -0.5 0 0.5 1 1.5
x(1)
FIG. 12A

FIG. 13A

X(t -1 e2(t Optional
Ot
Limiting 1
Amplifier clock

FIG. 13B



U.S. Patent Jan. 2, 2007 Sheet 10 of 17 US 7,158,567 B2




U.S. Patent Jan. 2, 2007 Sheet 11 of 17 US 7,158,567 B2

! — Actual e3(t)
.......... ----| - -ldeal e(t)




U.S. Patent

Fiber
Optics

826

Jan. 2, 2007 Sheet 12 of 17

802 90 804

Adaptive
Equalizer

FIG. 19

Analog to

Optical to

Digital
Conversion

Electrical
Conversion

820

822 gog

FIG. 20

US 7,158,567 B2

800

/

_Digital

Circuitry



U.S. Patent Jan. 2, 2007 Sheet 13 of 17 US 7,158,567 B2

§ 850)
Threshold Clock
860 862
852 B58 R64
Controllable Decision FEC
Input Data Filter Element decoder Qutput Data
Signal

Error
Controller Detector

56

FIG. 21



US 7,158,567 B2

Sheet 14 of 17

Jan. 2, 2007

U.S. Patent

. |
ﬁ. 4
- d
.
) 1
SR J
., |
' -
) - '
' g -
| Ill.l_.ll.l__l__l-ll__l_.ll.l__l__l_l_-
“ ' '
; - .I.I.I.l.lll..l.l-l.l.l...l.ll..l..l.ll-.l_.l
m . ) '
: Y ' - ’ |
_. r .._“__r. ] i
. | )
' Ty - W e W w W w - s Emew Wy W
*41 ._- "I N
p .M. 1 I
I |
“ S S | ( (
I . ....C. ] i
d ) . ] 1
=2 Bl S e e T R L
n. ewveoemeosebhaeoeeeenedes
! b I,lll.l_.ll_ll_r_l-l._l_.l_.l_l_l.h.l_-
. I h :
." .. qc I B R R BN L L B
* Fwaimn .I_I_I_._.l_ll.lrl_l_l_.l..lll.l_h_l_l_
ﬂ . T o ] |
' . D _I.I_l__l_l.l.l_I"ll_l_ll_l__Ill._-l.l
C._
| |
. PR T s TS, TEEEEEEYE
2 _ :
-9 ( I
. h = - w _I._I_.I_I..Inl_l.l_.l__l_l_.l.l_l"l_
ﬂ.. ' ' ’
._..-.- B I 4
, _ [ '
n - W w W - W W W W omm o W
@ o .
: ) i J
| = S S m ' '
D N . :
 — I I
ol ® 5 _ .
S -—-e peewehoaowueses .
———h e -
w ...w.“ i&+ -I_.Ill_l_l_.l_l_.l.-.l
0 - .B.Il'll-_l.l_l.--l |
hnd - ..E.””.l. - A B S D R SRS W Wy EE
. E . IR B
W— R. ,I_,I.I.Il_l_ll_l-—ll.l._ 1
’ ' | 1
L I i
_!IE " '.--ll-"ﬁ-l-l'l-l_dll
- ' (
O A 1 |
T— o ~ |.Il_l_._I_II_I_I-].I_.I_.IIII.II_J_I__I_
N . . y
1 . - - | ]
- * | |
= ¢
1) R I e I I IR B
A — i _
t |
= _ _
| )
W o | )
v . u.....,.ﬂ,;.._w. T I |
A D —
h_ H— ) ....a__.:.-#..-m.hJ.h..mu.-...._. a . ' . al.ﬂu.! tLe AL

14
¥
.
]
a
i
.
-

Edi
~

File

[ D

Fe
[
w

TR T S M - Loy

.y CoL o L
. r. : .
1 . - : o
-
1
.

. . A ] - . . . A T A T cr gt
- ...._.“r.-.. At L ' .._....__.12.-“ T St L TR ."_..“...#. .
. - ST . o e, . ' LLAEE Wt E S B N m_" LR

. . ' . . A . L
.- - f] Lo L - e L gt IR 'S LI
. = . N — e . [ Ny 3 IR IR K
T T R TR . e o i b TR I N
L w0 - - EEH B il .u._._..... LS g
L . (L . e S N ..... L4

DT ...,..“..

.l__l..l_.ll..l-ll

|

1
.II_.!I_.II._.I.I

|

|

1
---w e em e

'

I

[

|

|

'
oo ow o w o
wweoe ol e
I -

)
--eEw W -

i

)
.!.l..l_ll.l-.l_l

)

]

'
i R

)

i

|

i

"

)
P e S
s wewe o
II".I'_"II

A Y

-.I.l
- )
- A . r__l
- W W W -

w_m_ Ea

" B
bh.....nm““ ....-......u..__.p. ...-..—.._ .
...-.... . ﬁ.-_l
. .. ' .. ._#F._.?-:.r - - .m.- _..l
', b . ' -5 P LI
..|...._n“..u.m.._.. 1 ._...:- wq . ...:.
L ct T Sod g
- - . .“l illﬂ.l -

J.....-O

-----_l‘---

R,
b

-
o

T T

-\. 4
e
-

i
o
e
A
e
'y

7y ]

ke
s
¥

..I_-l_l..l_l__l_l_l_l_..l
I

}
|"|I_II.I_III_.|_
)

I

]

—p o w m - -
)

)

]

]

|

)
ITI-II‘I'
mihy s v e s s v

I1 N e w W e ik e A N o -
R a..,
| -
I L
_ Sl
- i .._..___..,.
-ﬁ.ll_l-l_-ll_l_._l_ .—.,..u_.:......__...-.__—__
4 3 .-..”..” .
) nooE
A D
] .,
- - dg Ap A AaE A A - R ._._
r Lo it
- 1 r mr
] nodne -
1 - : p
_ S
- w wE wr = wr wr o hir - . . — L]
1 . . £y
- ﬂ...:ﬁﬁ.- __.
Ly .r. ¥ .
' RoR i S
' el L
L] a . "
| Sy
L] 'l - ar
I S T
thy N L]
' Ly SRR IS
. = r
-r g = 4 o s Ak ek L] . ﬁ.n -1" .
. ' ".n.4 ar r
Ir A W W W - -
| - 4 n,q .
- aaEm W w m W e e . .k} -
| 4 .
wpr e e e = e X ._.....u,.;__
xove ...H.1.
. 1
.l_-_l_ W e o w W wm = .q...__.m..u..._.“_....._n . L
a ¢
- - .rHu. ' .-1.
T T,
. IR S
- - ek & B W W P R
- e - e
¢ S SR
— _...... r " . __.
l-l_ - em O A BN EB W A ! 4 ._.n.._
4 Ll
I 5 "
-
- - ey w a = % B W L !
* g ! :.-.“.L:Jr L .-....
- v ....
[ - Y ' i
I ..r. .
w e o *maasaw . d Tv..n
I Pt .. . "+
Towr o a
-

i - - .-
=
-
-
-

FI1G. 22



US 7,158,567 B2

Sheet 15 of 17

Jan. 2, 2007

U.S. Patent

—t—plp i R B R

A e S . ullgr A A o e —
' - - . .

s o ——t i

A

Ml 4

-. _I'
e

L

ey

a [ I b - Y
o Lo B L _T,. . . .
L r o Yy . LT " -+
*.W__ g h... L - Yo wp't . ay
w ’ .,.J_a__..“..l. A For- R - ,ﬁ
) k] T ’ " L.-..‘... h ’ " - f&\# T ﬁ
roAy A .FH_H_MH e M e i
1 o TS HE N :
S Y e o N L1 ool t "
wr‘ ...._.E. N a ! L]
. .'...L...-w-. ~ mﬂ..r.l.l.-.ﬁ HLH‘“ ..I_ a-
,_w -7, i .-.1».... .‘_.':u__inu L e ..._._.___.-. . " r
- 3 * -_.-_.I_ o RPN .__u.r..:.t - l.._ n
- - A 1.“:.‘-. .‘_....' ”#1 pouk
. o -y ! L 2 =
-... ._. -..:-t" =
o . I
: 4
-~ i - Y
1 v T du -

o
s
3N

-i_

T
.
A
1
| ]

3 - r
] - * 1
n .o
L L EE
A R
. r - . ...:...“1.... -
W_ﬂ ¢ T _.ru PF
¥
.—._.- .
) - + ] A )
|ﬂ.-| . o 1.- i

han

' -
1
1
-
.
"
' o
? “oa
o
L

i
i
b
|
i
[
'
'
|
)
b
I
. PR I
J_._.___..ﬂ :..,,._m.u.ﬁ.;._.....e._,.s e

. )
b
|
i
|
i
i
r
i
)

. - j ! - O E EE W O aE W W mk A - W
1 I e A
.f_l... L
. - L]
ro. - *L. LR |
.‘ '..l ) - . . -r."
o .. ._._.u.-n.“.l.].p
.rﬁ&.w. . el -,
L - g - . -
. . e % .
ot e
e . . P nw___r

-

.‘I
A
* ¢
*

-

-l i
1

A
‘;e
a.
- - e rm -~

(1-alph

b . ik [ [ [ ] L] - T - s Ea . - [ - -
......h )
ﬁ -__-_ .” r. ) .r.. '
SR = _
“.w. ..:.... ' C o —
3 . - : |
Q _
T =
_q.... . E N O W am W I'—rl"-""
7 o B '
b | '
Lo . @ '
A XY '
T .

]
el

e
d Lo
I
: 1:!_"‘.-'

="
/
.
orrec

: = T
L] L
L]
R T
-
-y
*!E.:
g My
T -
o
SR 1

Lo
*
aLn
rl .
I I.:b
-

-

-
-

nk = AR B = o g W

-
-1

-
U

-

L kY

L ]
Iy
i

-

+

.o

."l
il I
-
-
ol
L
F

e,

=)

kv Ie R

-
<
n

caR o

...
- -

A

-

i :

S

.
A
[

4

.

-

* L]

=

t oy

-

r

k)

-

T { =
.oy, -
. Tx -~ ._-.H [} .ﬂ
Ty st R ﬂ._. - I T

P I

L L r f
- . -

+ : n

- A - . Illrllllllll

-----'I-lﬁ'----"-

O SR M AR m SR AR AR W W W W

L

-lli.“.lllrl------l

--—----r-------

= W O oy a = ko iy sl R R B S

- wr = W v -

oy - S . Ill1llllllll

"'I'-‘--T--l'-lll

, .. .
R T o Y-

e ... “—.”_l “ "H o . .A.ﬁ.ﬁ
X G .. .__W..l.l..%.}-. ."”...._.._-Um_“-...l.

e » % wr
Q._Lti_?"_ [ ._5,.._ﬂ__5.}.. B
womar ..-._.._.._.J...__x. R - T
2 TR L . Lo T A

-
L]
‘ .

[ ﬁl._.:.. A W
LN u N " L]
i .‘.-.. . ___.v.__.u.‘. LY VLR S

L

54 s .Thsﬁi
Hosm e
e ey -
‘s lfaﬂ -
e e
A G P
hﬂi..-...'r..-......r. .ql“..". L]
; R el
u.. ' S .rl...._...ﬂ. .”..? lﬁ_.
. ‘ , .I... " l... H <
- .._r.__w_:.,.ﬂ: . .n..__.. o
E | i > . Jﬂ - L
D X -
' o mw e
.n.m.._.l_.“._. ..._:_._ﬁ N g .
“ .I*n...m H.ﬁ.. ....‘.#.J... . r
¥ . - - Y “H...H.ﬁ... -..“‘....b.n-_...
- " L.-i..“.“. an _..“.__.“..“_- .-.:W.. u_.{
AU o e
.-.‘.1'-. -....h...l.. ....er ..u.l.\" .l.-“.m q..-.
] iy uﬁM Fo
- .__.u...___."J _._”..;.__.a, 5t
Il_"lllrllll_l_l_' ' . - *r_ o

] U v -
LI |
- A = for g
¥
[] . 1...”. e -
| .
. SN B I P 3
=L T ! .
- ¥»aox ] r et
qtm... - LT
[ (A - . }
?. ! ..
: I R
' PR 3
- n_hr.._ T il
II-I-I.'.-I-'II_I_I_I_I_I_ .“.”....ht-.w__nﬂu..“,,-
. = . . - .—‘
: (=¥
- gt a
. -...... ..._m.n. e L
x L] 1k .
| - MF -
. o )
- L, F
! Hat n
1 -
. . .
- -l T
| . Eon .
l'llll-l-1lll|ll- ...._-...__ﬁm.. o
i T .
- = kT 1 -
| T o R
' e u” -
- .+l e af i :
S . .
- v 4 ﬂ_ T r
P N . L. ] -
..uHr... R oo .
— . [ - 4
% . . d r
. o
- m W A E W E O E W W v '
.
as -
- - -

|
’
b . o
1
i

1 5 h -y

s om oo o omko o B s Em - v :
.m_ -
- Dq..l .
- ]
. "
- o ....__. -
T,
I ST .
%
1 ', :
] .
L g d
- wx O A W 4 g gy = - e A w e ww uk - n -
' )
- -
- . T ul
- .......- ’
| T
A
| : "~
} Y y
- W W W ouy W W E W W ._, W T
i
' U!
P IR R R ak
' it
e L
- ..__.|q.”-.1.m. .1.,...._.m. - o *
[ ..;J_. .
1
. N
I_.__l_..l_ll.l_ll_1'._l_.l...'_'.l-._ S T VT
4
b [}
-r i
' ...._. ' 1
a_ﬁ.._.. " . T
¢ R R B v
e T -
[ | R L
A .
| , T e .
- " L
' . T
11.:.__.. i '
- o w e e w ol == wmw - et
L 3
Y
' O -
- ) ..m..__ _.a....-.. i
L -
" o
- n L
'y L
# ; -t "l
1 -
I 1 __.....___....___.W

S
ﬁ..a:ﬁm ol -

LN ¥ -

wwa e b e U
LR S L A
Fofom e

N -.- -”.-lrh.l
A
- L

- . ']
- . . . & -
Ry A v a —h : ? Eall T B
L VY r= _ © gty - . % ‘- .o a . i - . . .. " - 1 )
i T Ay WL m m B * ¥ s | J.i. b * _...._-._#rﬂ.,.l ) ”—.....- S ' m.r. ”\._i b .‘.H.. LS ) - ! _.._.....Il‘. m o k- L -
- - L . . y F..a!&.- :. .1...:vf_l. 2l .t... ...m;ﬂ_m-.. ot T .__.__.”*.-...:..r . ..“.“.ﬂ -.._“ - if....n.m . . .. L4 “___l.il. .r_..:_...1 .._.r.a._lH. i =
. P 1 - ..-.u.ﬂa r .n&!...wffu:.iﬁ .“.___.: R LAY Rd 1 s dha LA S Ay R Rt ......_. g dag - .
" AR Con i v *gy! h.._ wh TR L R Ry L I, i..w.. hoe S - . * " d
C . CoTe m, ' T ..-.._.Fw...__.mﬁﬁ... T - u..__.w....w..,.,.__.__uu . o L I
. =y T .._u l.__.‘H. u , - ¥y , H - r Ih_. M e -‘..m\ﬂ .r._..-. ' M—. LA - e i e -. Ty a a4 & u—.. .
L L . rapke ,.._.H.F..__. alder Xo, " m, ._n-..,_. LA .......I..+......... .m__u___... q.___...._.._. RASTNC N T S B AP LT S .._._._.__m._._.____ « 5 '
. " L R Bt S _m.. i N I T S Y T ow hemr L
oLm "R R g A s S ek T T m.} Cleaphet Al n;..”.._.m.m v T, T \..w e
. - . ..F . Hl... n  m ._.... ..._......l.. " )M...._.ﬂ [y " m.l... [ - ...-.. r ..n.lvl. Wk n :_T"...-H. M.......u:_. ._m...._. ' ...............ﬁ-.....u.w._.._.?. ....!.-. - * ..-.._._.._..-. L r
-~ [ B

T Ll ARy - - - = FL Tl

- - [ ] ] - " ppp pr - s LILN rras [ ] - - [ -

T N
i U r__.___“.ﬂ”“,.

FIG. 23



US 7,158,567 B2

Sheet 16 of 17

Jan. 2, 2007

U.S. Patent

alpha

’
o LT ﬁu.”ﬂwvﬁﬁk“..m“wh w Ty,
v, Rl P ;..:wmw..m ninst w.,..f.. n}.H,.
5 VA TR el
Lo e T .
: Sl i T
” i \ ) | | ’ .
.-_. b | i i | I
i, " ) i i | I St
w... i ) ’ i ! ___ R
Lo b ' ) ) 1 i ) .
.n-..... llllll A A R oo oo m = owa e o » s o ww s e s o ovoew s - w o o - 9—. )
) | I ' i ¥ I G
) I ] ' ’ '
i | | i | |
. b | i i [ i
L ' 1 ' { ' [
v | | ' | L i
._._.q - % W W = = Y e wrwr - - e s s e w e r lllllll F llllll .F_ llllll — 8—.
i _ y ) | ' )
_ _ , . , ‘ ; O
Q) _ ' ‘ ' ' ) T
| | I ] L
< _ ' ' ¥ '
o b ( ' ) i
m . ) ' ' ' 1 P
llllll - ..l!llJI.l._l. -y e .l”-.l_ - s --'-'1_"‘-- - . ﬂ g SE EN EN W. '-.ﬂlll'--l -
. O ' ) ! ' ' ' -
. ] | I i | | -
“..._.. . ' b ' ¥ ) |
. (C . ) ) ' ‘ '
: i - ' | _ ) ' '
v B . . ' _ ' ) (O
— e W W W W m = Tl —_ - e owow o " " e m e maw pre e e e o= wen -~ a= — .
e U ' ' ' b 0 } )
: ’ ' ' b ' §
a ] ] | ] ] |
h 1 [ [} | ] ;
Iml I i ; ' ’ )
' I | ) ‘ '
H-q llllll . e = mmrw w - - - s = - = = = = »w &= = = e S C NN I BB == o= v e 5
-y g 1 ' i i | ' U
" ﬁ . et i | i } ‘ )
.’ ' _ 1 ' | i
ro ..m ' _ } ’ ! i
ﬁ L \ ' ] | I b
| b i ] I |
i.__. ) . -R - = - L lllllll L IIIIIIII v — r IIIIIII r lllllll ", llllll 4—
. . ' _ N ) )
__ LU . . . : _ \ -
H® o _ . . : . |
' | ] [ ] ] |
. o ' | i ' j i
.” —— En [ [ [ [ ) i
qm =TT e e e e e e e e TR DD 38,
I ) I | |
/ Q) ' ' ' " " -
. g _ . ' ' 1 .
" .,r___ | | i | ... ]
y O ’ ' ) ' ' | .
.: QO ' ' ' ’ ' '
. ) ' ) ' b ' N
IIIIII JI_-I_.II._IIJI.I.I_III_I.I_.-.I.II_..I.I_.I..I._I_--.I_.II,l..l.l___l_ﬂ__.‘.l.l.-l._..l_.ld..l_.ll.-.ll .
Im i ) ' ' ' ) )
. A . ' ' ' ' i
-l ' | ' " ; |
. | | y ] ¥ I
" *\ 1 Y | | ' [
] | | k | ] g——
o 4« (s s = m = m aw e o w » = - e = e wm oW oW ow |l = » = o w u w r - e = == = v = =W .
] ———— ' ' i ) i ! )
. y ) b I I i
. =gl I I ) ’ ' }
ﬂ..._;. 7 ' ' ' \ ' |
ey . ) i [} | 1 Y | .
3 .t_l..__ . | ] L | 1 | ] U
- Y.. " * N R s T MR . r ' i -
O =3 | L Q - e T T
Z peag o o i @ % R e T
=N wi _
= B
™ '© n _ mmm :
=

FI1G. 24



US 7,158,567 B2

Sheet 17 of 17

Jan. 2, 2007

U.S. Patent

. - ..
A -
- -
§ LA
1 b :
v, . .
n
=
L
' a (LN
- - 1. '
n I I - [ ]
-
2 L ' P W
P f! ¥ ' Ay ..“.. -
1 - I
-
1
-
s '
I R
. e
' "
i
’ * s -
A .
-wl )
* "
+
L]
ru
B o
’ SR
. .-_ . T ..
" QO
4 -
. - puii—
iy h
v " a .
.-.- 1 -‘. 1 -

L]
u

phe

aal

r
"

ﬁ_

[1-alph

==L
=

= . L u;_.v..,_

T owey -

L F
o
Iﬂ

T :_:.

Help

o o

-
W

.y
-
'
L} -+~ L}

A

indo
=i

X

r

-
———
+I

T

L .
o
< F

" MSE for

L E

T © .

Tools ::

~Insert

L 3

& A

.

o nnm s e s s s s m sk -

e spe o S AR AN BN JaaE S

)
|
' '
R . L
) )
'
(

-----l-----

ll‘.'-llllh

-------'r----

1-----‘--

mr o A S

J vt
._..-..._ e | . - r . . ' v et . N ey AW - ' LI
o WI_—.. ., ﬁ.fﬁ e u“..- e L i S ,._” * A h.”.t__w o : M ..1__; L. 4 S
- . .. el B ) . - .n .R LT fal boae - . :
¥ (N o ._.-_.J.L%! | 5 T i f.5 Nt ..1.. LR ¥ .L..__..ﬂ. L A._“_- U 5 et
w0 e W:_ ¥ .ﬁﬁ el 3 ' AL, ._,_,_...__w_,_.t.rm.n.n.._.;rw- Lo oL, oEy v hﬂw sy A ...m__. .
- [ 1 g F. - b g e W " - A - = ~ X ....H. ;o o o P ' ...“ ) -
£, Joorm et TER g 0 DY ﬂw,4 ..i.;..DE. g ;T nuuf. ¥
L LS noom . ] N .. o0om T I oy [ : ?H.-.. .
el L] Ll - ¥ F - "X ~ b . | § - i . o Y
. _ IS & T j T e AL
S e - T Do
. 1 M- b - 2aT _ ' CUATU R e G
d - ' i. ; N - ..."..1. o .on . E .__..u.___.". P :..n.. . ' ....* L L
LI BT S : o S 1 - N Y1 Tormir o T P
E N 1..rm__w.. B R * Yo d ' ._...h.. FLTRATS N vl ¥
. FEEEEFTS n . 'y . - - R . " .ﬂi‘ e ] L T
: ..”__.. " ﬁ.w Yy T b .n.__m H_._., y LI IEHEY ST m.ﬂ " L
K TR . ey : . i . . U Y e -
m..q_.. K, " * ' ...-. & ._..m_..u.“...”.n.f ._._\.M.".“.._h;“__.-.....m,.___ -#. “ | 1t ........__W.. ~ 4 ; _.._f. ”.. L L T A _“.mm_ ..ﬂ .H-..
ﬂe . . ' T PR AT TR aﬁb . i el TR TR
N won R R w. LU - TR Vo gL Iea . £ L. T
i T Rl Tl ¥ ir v b LW e B L - " ] LA at i
ﬂ L - P s " B
. ' A ' L X i
) E * PR
F
d " RIS S
iy -

¥
--'-Ir-ll-

I"--r--ll

I
)
I
[
1
=
i
]
§
|
1

I'I-J

|

|

|

1

|
------1---

TR PEEREEETY
|
|
|
|
i

~-sw e .-
}
i
1
]

I-l._ll-_l-.ll_l_...l

- =k =2 & A .

]
&
|
i
)
|
- oo w o om oy = e
I
i
)
¢
L
#

e T
i
’
"
'
}
|
)
1
|
i
t
b

'l*.ll-l

--II-‘I-'I_I

--l."*l"ll

mijw & & oo e - -

.l..l.-.l.'.-..l-_...l..l_.l._..l_

ll---‘.lll'l

- .l_.l_l-_l__l-l_

L
¥

3.

-
- ¥
T
Lo r
- S
SRR TR X
=t _...,.”#W: g
- ....‘"-.......... "%

TR
. ._“.

. W o

. e

o I
]
- .
r
n
~ .

P +

ot .

"\

) ) ¢
....D e 1 !
- d

!
TR Y
A L]
L]
C . 2.
R I
e .a " d
. ) L .
. " ir
L
.
1

- u.....:.
(1
T ' F.
.4
]
- ok B B Ny W o W N W T
§ ]
) | R
) .
! s
I 1 )
| [
1 -— [ JI [ I
b 3 )
¥ ]
]
I i y
' ' S
I ¢ p—
pr = - = - o - w ) -
: ’ -
4
" 3
i | .
! .k
| | .- :
o -
" ' 1m___. . i A
. . ’ .
- 3 Cu h
: el
TR an ' . ' U H
S5l Vg TRDOLE we RPN
M. kg __._..m_..w.“..m.“..“..“ [ . s u u_. .
ﬁﬁhv A PR T G
\Nn.,.k..ﬂ.vrﬂ TS R I oo v P B
o I MR "
a0 ok W J
F L S . PR
T iR ek ] T
- i ) u..... ‘ ....._.....4.. 1 . + . o4
. i I A A . ..... ...w_f. }Tn g ..... w L
et L egient e b Y . LA % ¢.H
o M e e N e P 4%:..“.“.&;.. s% u.““.,_:__.“:"s_..r ._....1 ¥ A ._.“mpwhfwi
: . " D imes ; N e p
e R S . : . _..._; ;ﬂnﬂ, . A ‘_a....u T .u._._
.- AL - ".._r... L
”. r . .
: -.__ - ‘e - r " e
..v..ﬁ 2 ._.“....R » M t....r .__...i_-. L]
.. . -
. P - - vy -
Y - e 4 . -
- w1 m . = - .

FIG. 25



US 7,158,567 B2

1

METHOD AND APPARATUS FOR
IMPROVED HIGH-SPEED FEC ADAPTIVELE
EQUALIZATION

CROSS-REFERENCES TO RELATED
APPLICATIONS

This application 1s a continuation-in-part of Ser. No.
10/677,123, filed Sep. 30, 2003, now U.S. Pat. No. 67,003,
228 entitled “Method and Apparatus for Improved High-
Speed Adaptive Equalization,” having John S. Wang,
Sudeep Bhoja, Shanthi Pavin and Hai Tao listed as co-
inventors, which 1s a continuation-in-part of U.S. application
Ser. No. 09/955,278, filed Sep. 11, 2001, entitled “Method
and Apparatus for Improved High-Speed Adaptive Equal-
ization,” having John Wang, Sudeep Bhoja and Shanthi
Pavin listed as co-inventors. The Ser. Nos. 10/677,123 and
09/955,2778 applications are assigned to Big Bear Networks,
the assignee of the present mvention and 1s hereby incor-
porated by reference.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The current invention relates to the field of signal equal-
1zation, particularly to enabling improved high-speed adap-
tive equalization.

2. Description of Related Art

Increased demand for high-speed communications ser-
vices has required that economical and eflicient new devices
and techniques be developed to support performance
increases. For example, as transmission rates climb to the
1040 Gbps range and beyond 1in modern optical networks,
signal processing and conditioning techniques must be
applied to filter out noise and reduce interference such as
inter-symbol interterence (ISI). Typical optical networks are
plagued by noise and bandwidth limitations caused by
polarization mode dispersion, modal dispersion, chromatic
dispersion, limited component bandwidth, and/or other
undesired phenomena. Such eflects often cause problems
such as group delay distortion, frequency-related attenua-
tion, and/or others. Furthermore, the ISI can be time varying,
due to a variety of causes such as physical vibration,
mechanical stresses and temperature fluctuations. Typically,
optical recervers may use devices such as equalizers to
improve the overall performance of such systems and mini-
mize the error rate. However, the implementation of such
devices has proven to be challenging and costly.

Equalizers based on transversal filters have been pro-
moted as a way ol removing noise and inter-symbol inter-
ference 1n some systems. For example, FIG. 1 (prior art)
illustrates an example of a proposed transversal filter based
equalizer 10 controlled by a microprocessor 50. In this
example, the coeflicients for the transversal filter may be set
by the adaptation logic module, a microprocessor 50, based
on analysis of eye monitor 30 data. For example, FIGS. 2a
and b 1llustrate examples of eye patterns. Ideally, the eye
monitor output would correlate well with bit-error rate
(BER) of the sampled data. For example, the Mean Squared
Error (MSE) of the eye measured at the sampling point
should correlate with the bit-error rate for a signal with
additive white Gaussian noise (AWGN). MSE-based eye
monitors can be used to optimize eyes even in the presence
of large amounts of ISI such as that shown i FIG. 2b6. In
practice, eye monitors will not be pertect predictors of BER.
For example, the eye monitor’s sampling point may be offset
relative to the decision point. The decision threshold may
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2

also be different between the eye momnitor and the data
sampler. Actual noise characteristics might differ from those
assumed 1n designing the eye monitor. For example, multi-
plicative noise may predominate 1n the actual system, even
though additive noise may have been assumed 1n the design
of the eye monitor.

In order to get a better prediction of BER, equalizers using,
torward-error-correction (FEC) feedback have been used.
For example, Haunstein, Schlenk, and Sticht describe a
method that compares the corrected data output of an FEC
with the uncorrected data and uses the result to adjust
coellicients of an equalizer. One of the benefits of using FEC
teedback to determine coellicients of an equalizer 1s that the
FEC feedback information 1s a good indication of the bit
error rate, which can be eflectively minmimized. However,
equalization based on FEC feedback typically requires a low
b1t error rate associated with FEC decoding. Higher bit error
rates, which may be associated with noise and/or interfer-
ence such as ISI, can cause the equalization process to
converge too slowly or fail to converge at all. Thus, equal-
ization based on FEC feedback may very well be mnoperable
under certain noise and/or interference conditions. FEC
decoding may become impossible when the input BER 1s
large. For example, an FEC processor may not decode the
signal shown 1n FIG. 26 correctly, and thus the BER estimate
would be meaningless.

Accordingly, it 1s desirable to achieve high-speed adap-
tive equalization that can effectively operate, even for sys-
tems experiencing severe distortion. This equalizer should
be able to obtain comparable performance as one optimized
using BER.

BRIEF SUMMARY OF THE INVENTION

In accordance with the invention, a method provided for
performing adaptive equalization comprising receiving a
Forward Error Correction (FEC) encoded signal from a
channel, filtering the received FEC encoded signal using a
filter according to at least one adjustable filter coeflicient to
produce a filtered signal, evaluating the filtered signal to
generate a signal error output, adjusting the at least one
adjustable filter coeflicient 1n response to the signal error
output, performing FEC decode processing dependent on the
filtered signal to generate an FEC output, and adjusting the
at least one adjustable filter coeflicient in response to the
FEC output. Thus, i at least one embodiment of the
invention, a controller responsible for adjusting the at least
one adjustable filter coeflicient has access to two sources of
information regarding the quality of the filter output: a signal
error output which can reflect the output of an eye monitor
and an FEC output which may be more indicative of the
bit-error rate. The controller can select between the two
sources of information to ensure that the system has all of
the strengths of both types of information. The signal error
output generally has a fast response time and the ability to
recover badly distorted signals. The FEC output generally
has the ability to accurately monitor BER in the presence of
nonlinearities and nonidealities 1n the system.

In a specific embodiment, the signal error output relates to
Mean Squared Error (MSE), and the FEC output relates to
bit error rate. According to one embodiment, the at least one
adjustable filter coeflicient 1s first adjusted 1n response to the
signal error output until a specified condition 1s met, then
adjusted 1n response to the FEC output. The specified
condition may be based on the signal error output or the FEC
output. The specified condition may relate to an error
measure falling below a predetermined level. The specified
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condition may also relate to an error measure varying less
than a predetermined amount 1n N 1terations of adjusting the
at least one adjustable filter coeflicient, where N 1s a positive
integer.

Further, the at least one adjustable filter coetlicient may be
selectively adjusted 1n response to the signal error output or
the FEC output, based on a measurement of time-dependent
variation of the channel. Advantageously, the current inven-
tion may be used to address the types of time-varying noise
and interference typical of common, high-speed optical
communication systems.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 (prior art) illustrates an example of a proposed
transversal filter based equalizer controlled by a micropro-
CEeSSOr.

FIGS. 2a-2b 1illustrate examples of eye patterns.

FIG. 3 illustrates a preferred embodiment of the current
invention.

FI1G. 4 1llustrates an example of a controllable analog filter
comprising two filters implemented 1n a decision feedback
equalizer (DFE) configuration according to an alternate
embodiment of the current invention.

FIG. 5 1llustrates a detailed view of a preferred embodi-
ment of the current invention.

FIG. 6 illustrates an alternate embodiment of the current
invention.

FIGS. 7a, b and ¢ illustrate a process for improved
high-speed adaptive equalization according to the current
invention.

FIGS. 8a and b4 1illustrate a detailed example of adjusting
the controllable analog filter coeflicients to minimize the
error signal according to a steepest descent algorithm 1n a
preferred embodiment of the current invention.

FIG. 9 illustrates one embodiment of the present inven-
tion wherein the controllable analog filter 1s implemented as
a tapped delay line filter employing differential delay cells.

FIG. 10 illustrates two examples ol implementations of
the differential delay cells shown 1n FIG. 9.

FI1G. 11 shows one implementation for generating an error
function el(t) mn accordance with one embodiment of the
invention.

FIG. 12a 1s a graphical illustration comparing the func-
tions of a limiting amplifier and that of an i1deal signum
function.

FIG. 1256 1s a graphical illustration comparing the actual
¢l(t) output resulting from use of a limiting amplifier and an
ideal e1(t) output resulting from use of a signum function.

FI1G. 13a shows an 1deal implementation for generating an
error function e2(t).

FIG. 13b shows a more practical implementation for
generating the error function e2(t).

FIG. 14 shows the actual and 1deal outputs of e2(t) as
functions of x(t).

FIG. 15 shows an implementation for generating an error
function e3(t) 1mn accordance with one embodiment of the
invention.

FIG. 16 shows an implementation for generating an error
function e4(t) in accordance with one embodiment of the
invention.

FI1G. 17 shows the performance of €3(t) when the absolute
value functions are implemented as the product of a limiting,
amplifier output and a delay.

FI1G. 18 shows the performance of e4(t) when the absolute
value functions are implemented as the product of a limiting,
amplifier output and a delay.
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FIG. 19 1s block diagram of an optical receiver 800
containing an adaptive equalizer 90 in accordance with one
embodiment of the present invention.

FIG. 20 depicts a local area network (LAN) 820 that
employs an optical interface 822 and i1s coupled to a wide
arca network (WAN) 824, in accordance with one embodi-
ment of the present invention.

FIG. 21 1s a block diagram one implementation of an
adaptive equalizer that 1s capable of using information
produced from Forward Error Correction (FEC) decode
processing as well as information produced from evaluation
of the filtered signal to perform adaptive equalization, 1n
accordance with one embodiment of the present invention.

FIG. 22 shows the output (corrected) bit error rate as a
function of the mput (uncorrected) bit error rate for an
eight-byte correcting Reed Solomon decoder using a block
s1ze of 255 bytes.

FIG. 23 shows the uncorrected bit error rate for a channel
with an 1mpulse response of [l-alpha alpha], as alpha
changes from zero to one.

FIG. 24 combines FIGS. 22 and 23 to show how the
corrected bit error rate for the [1-alpha alpha] channel varies
as a function of alpha.

FIG. 25 shows the mean-squared-error (MSE) value for
the [1-alpha alpha] channel as a function of alpha.

DETAILED DESCRIPTION OF TH.
INVENTION

L1l

Controllable Analog Filter

FIG. 3 illustrates a preferred embodiment of the current
invention 90. According to a preferred embodiment of the
current invention, one or more data signals may be received
by the controllable analog filter 100. Typically, the data
signals may be analog, digital and/or sampled analog sig-
nals. Preferably, the one or more controllable analog filters
serve to filter out noise and compensate for channel impair-
ment or imperiections such as inter-symbol interference
(ISI). In this example, a single controllable analog filter 100
1s used. However, according to alternate embodiments of the
current invention, one or more controllable analog filters
may be used 1n various configurations. Furthermore, 1n some
cases, a single controllable analog filter may comprise two
or more filters. For example, FIG. 4 1illustrates an example
of a controllable analog filter 103 comprising two filters 110
and 112 mmplemented in a decision feedback equalizer
(DFE) configuration according to an alternate embodiment
of the current invention. FIG. 5 illustrates a detailed view of
a preferred embodiment of the current immvention. In this
example, controllable analog filter 100 1s implemented as a
transversal filter using a set of N analog delay lines 105, 106
and 107, a set of multipliers 120, 121, 122, 123, and a set of
adders 125, 126, and 127 to provide a weighted sum of
delayed versions of the input signal or signals. In this
example, N analog delay lines are illustrated. However,
according to alternate embodiments of the current invention,
transversal filters with one or more analog delay lines may
be used. Typically, analog delay lines used 1n a transversal
filter such as 105, 106 and 107 will have similar, but not
identical delays. However, according to various embodi-
ments of the current invention, the delays associated with
analog delay lines 105, 106 and 107 may or may not vary
widely. Referring to FIG. 5, 1 this example, coetlicients are
used as mput to multipliers 120, 121, 122 and 123 for the
purpose of controlling the controllable analog filter 100.
According to a preferred embodiment of the current inven-
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tion, the initial coetlicients may be set to a “pass-through
value allowing the input signal or signals to traverse the
controllable analog filter unchanged for assessment by the
error generator 150. Preferably, new coeflicient values may
then be calculated based on the imitial signal. However,
according to alternate embodiments of the current invention,
the 1nitial coeflicients may be set to a previously configured
value or recerved from an external source. Alternately, the
initial coeflicients may be set to a previously stored value.
For example, the coeflicients may be initialized based on
coellicient values calculated or used 1n prior operation of the
controllable analog filter.

FIG. 9 illustrates one embodiment of the present inven-
tion wherein the controllable analog filter 1s implemented as
a tapped delay line filter employing differential delay cells.
FIG. 9 1llustrates a circuit 200 comprising: an mput line
denoted 7350, comprising differential delay cells denoted
755, 757, 759, and 761; an output line denoted 760, com-
prising dif erentlal delay cells denoted 747, 749, 751, and
753; three gaincells or taps denoted 746, 748, and 752, each
gaincell or tap comprises a tap weight denoted C0, C1, and
C2 respectively; and two output signals vol(t) and vo2(t).

As 1illustrated in FIG. 9, mput line 30 terminates in
impedances denoted 739, 741, 743, and 745; and output line
760 terminates 1in 1impedances denoted 731, 733, 735, and
737. Diflerential delay cells 755, 757, 759, and 761 are
coupled 1n series along mput line 750, and differential delay
cells 747, 749, 751, and 753 are coupled 1n series along
output line 760. Moreover, gaincells or taps 746, 748, and
752 are coupled between input line 750 and output line 760.

The gaincells or taps 746, 748, and 752 are differential
amplifiers with programmable gain, whose output current 1s
proportional to the mput voltage; and the gaincells may be
implemented with active devices such as bipolar junction
transistors, Metal-Oxide-Semiconductor FETs, Heterojunc-
tion devices, etc.

Each of the gaincells or taps 746, 748, and 752 correspond
to a tap weight or coeflicient C0, C1, and C2 respectively.
Moreover, each tap weight or coeflicient may vary both 1n 1ts

sign and its value mdependently of any other tap weight or
coellicient.

Differential delay cells 747, 749, 751, 753, 755, 757, 759,
and 761 may be implemented with one of several methods.
FIG. 10 illustrates two such implementations denoted 719
and 725. The first approach 719 for implementing a difler-
ential delay cell comprises transmission lines 721 and 723
that may be physical waveguides constructed from materials
such as micro strips. In cases where the delays are large, the
second approach 725 for implementing a differential delay
cell may be employed where two inductors are coupled
together with a capacitor. Moreover, each differential delay
cell 1s characterized by:

vo ()=vo_(1)=vi,(t-T)-vi3, (i-T}

22

where T represents delay period for each differential delay

cell.

FIG. 9 further illustrates two output signals vol(t) and
vo2(t) at either end of output line 60. Furthermore, the
output signals vol(t), vo2(t), and the mput signal vi(t) are
characterized by the following equations:

vol(H=CO*vi(t=T1)+C1*vi (1= T2)+ C2*vi(t=T3)
vo2(H)=CO*vi(t-T4)+C1*vi (= T5)+ C2*vi(t~T6)

where the vanables T1, 12, T3, T4, TS, and T6 are repre-
sented by:
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T1=Tgl+7dl
T2=Tgl+Td1+Tg2+Td?

T3=Tgl +Td1 +Tg2+Td2+Tg3+Td3
TA=Tgl +Td2+Td3+Td4
T5=Tgl +Tg2+Td3+Td4
T6=Tgl+Tg2+Tg3+Td4

where Tgl, Tg2, T3, and Tgd are delay periods for the four
input differential delay cells 755, 757, 759, and 761 respec-

tively; and Td1, Td2, Td3, and Td4 are delay periods for the
four output differential delay cells 747, 749, 751, and 753

respectively.

Further details relating to such a programmable analog

tapped delay line filter having cascaded differential delay
cells are provided 1n U.S. Pat. No. 6,545,567, the contents of
which are hereby incorporated by reference.

Error (Generator

According to a preferred embodiment of the current
invention, one or more processed signals may be output by
the controllable analog filter or filters. Preferably, the output
signal may be provided as input to one or more error
generators as well as output from the adaptive equalizer.
Reterring to FIG. 3, the output of controllable analog filter
100 1s routed to error generator 150 and provided as output
from the adaptive equalizer 90. However, according to
alternate embodiments of the current invention, the output of
controllable analog filter 100 may be further processed
betfore 1t 1s provided as output from the adaptive equalizer
device. For example, 1n some cases, a slicer, such as slicer
155, may process the output of the controllable analog filter
betore 1t 1s provided as output from the adaptive equalizer
device. FIG. 6 illustrates an alternate embodiment 92 of the
current mvention. In this example, equalizer 92 comprises
three error generators 152, 153 and 1354. According to
alternate embodiments of the current invention, the use of
two or more error functions may be used in conjunction with
one or more equalizer control algorithms to enable the
ellective use of error functions with numerous local minima.
In some cases, applying a minimization algorithm to the
output of an error function with numerous local minima may
prevent the minimization algorithm from converging prop-
erly to the appropriate minimum if the controllable analog
filter 1s started with wrong imitial coeflicient values. To
address this 1ssue, a coarse equalization may be performed
with a first error function and minimization algorithm for the
purpose of roughly setting the initial coetlicient values such
that the equalizer may operate in a regime where a second,
finer error function may be used. According to alternate
embodiments of the current invention, one or more of the
error generators may comprise an eye monitor. Referring to
FIG. 5, a detailed embodiment of a preferred implementa-
tion of error generator 150 1llustrates an example of an error
function that may be used. In this example, the absolute
value of the difference between slicer 155 1nput and slicer
155 output 1s squared and assessed as the error minimization
function. The absolute value and squaring functions are
represented here by a block 159. Preferably, the signal data
may be massaged by applying one or more functions to the
signal before the error function i1s applied. For example,
depending on the nature of the iput signal, 1t may be
advantageous to apply a level shift and/or normalization
function to the signal data such that the intensity values
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corresponding to a “low” signal are adjusted to reflect a
negative intensity while intensity values corresponding to a
“lhigh” signal are adjusted to reflect a positive intensity.
According to alternate embodiments of the current inven-
tion, alternate error functions may be implemented.

Furthermore, 1n one embodiment, a clock and/or clock
recovery circuit may be used 1n conjunction with a typical
eye monitor for assessing a single point on a bit interval. In
an alternative embodiment, a clock and/or clock recovery
circuit 1s not required. For example, in an un-clocked
embodiment, typically, two or more points may be assessed
using one or more error functions across a bit interval and
the use of a clock and/or clock recovery circuit 1s not
required. A clocked embodiment may provide better perior-
mance, while an un-clocked embodiment may allow for
simpler configuration.

Optionally, a weighting function 157 may be used to
create a weighted error function. For example, considering
the eye pattern of an incoming signal, a time-weighted error
function may be useful for de-emphasizing the error signal
corresponding to the error signal near the zero crossings of
the “eye” 1n an eye pattern and emphasizing the error signal
near the middle of the “eye”. Referring to eye pattern 80 in
FIG. 2b, region 81 corresponds to a zero crossing of the
“eye” and region 82 corresponds to the middle of the “eye”.
According to a preferred embodiment of the current inven-
tion, the weighting function may be provided with a pro-
cessed signal, such as the output of the controllable analog
filter. For example, raising the absolute value of a processed
signal to a power may be used as a weighting function to
emphasize the error signal near the middle of the “eye” and
de-emphasize the error signal near the zero crossings of the
“eye” without requiring the use of a clock. However, 1n
alternate embodiments according to the current invention the
welghting function may use other mput such as iput from
a clock instead of or 1n addition to processed or unprocessed
signal data as input. In this case, a clock or clock recovery
system may be internal to or external to the current inven-
tion.

Error Functions
As discussed previously, according to alternate embodi-
ments of the current invention, alternate error functions may

be implemented in error generator 150. According to one
embodiment, an error function referred to here as el(t) may

be defined as:

el(1)=(x(2)-sgn(x(2))) 2

where x(t) 1s an 1mput signal and sgn( ) denotes the signum
tfunction. FIG. 11 shows one implementation for generating
¢l(t). The input signal x(t) 1s sent to two blocks. The first
block computes sgn(x(t)) by using a limiting amplifier
whose output 1s either 1 (1f x(1)>0) or -1 (af x(t)<0). Since
the limiting amplifier has a finite bandwidth, there 1s a delay
D1 between when a signal enters the limiting amplifier and
when the limited output appears at the output of the limiting
amplifier. The purpose of the gain bufler shown i FIG. 11
1s to compensate for this delay so that the output of the
subtractor 1s x(t—-D2)-sgn(x(t-D1)). If the D1 is chosen so
that D1=D2 then the output of the subtractor 1s x(t—-D2)-
sgn(x(t—-D2)). Squaring the output of the subtractor would
then produce a delayed version of the desired error signal.

FIG. 12a 1s a graphical illustration comparing the func-
tions of a limiting amplifier and that of an ideal signum
function. As shown in FIG. 124, the limiting amplifier 1n
practice likely has a finite gain so that 1t 1s only an approxi-
mation of the signum function. As a result, the actual el(t)
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output generated by the use of a limiting amplifier shown 1n
FIG. 11 deviates from the ideal e1(t) output. FIG. 125 1s a
graphical illustration comparing the actual e€l(t) output
resulting from use of a limiting amplifier and an 1deal el(t)
output resulting from use of a signum function. When the
mput x(t) 1s large the output of the limiting amplifier 1s
saturated and the actual €1(t) output 1s close to the 1deal el(t)
output. However when the mput x(t) 1s small the output of
the limiting amplifier 1s not saturated and the actual el(t)
output deviates from 1deal e(t) output. This behavior causes
the actual el(t) output to have an undesirable, additional
local mimmimum when x(t) 1s zero, which may cause the
equalizer to converge to the wrong solution. Thus, the error
function el(t) may be implemented using a simple configu-
ration involving a limiting amplifier as shown 1n FIG. 11, but
such an implementation may lead to incorrect convergence
of the equalizer.

According to another embodiment, an alternate error
function referred to here as €2(t) maybe defined as:

e2(£)=(1-lx(2)) 2

FIG. 13a shows an ideal implementation for generating
¢2(t). FIG. 135 shows a more practical implementation for
generating €2(t). In FIG. 13a and FIG. 135, an absolute
value of the input signal, or an equivalent, 1s computed.
Next, the difference between a fixed oflset and Ix(t)l 1s
computed and squared. The error function €2(t) can be a
substitute for the error function el(t), as explained below:

el(t)=(x-sgn(x(1))) 2

el()=x(r) 2-2x(r)*sgn(x(1))+sgn(x(1)) 2

Since sgn(x(t)) is either 1 or -1, sgn(x(t)) 2 is always
equal to one. Also, x(t)*sgn(x(t)) 1s the same as x| so that:

el(t)=x"2-2lx(r)l+1

el(f)=(1-x(2)l) 2, since x(#) 2 1s equal to k() 2

In practice, the absolute value function 1s implemented as
the product of x(t) and sgn(x(t)), and sgn(x(t)) 1s 1mple-
mented using a limiting amplifier as illustrated before.
Unlike the implementation of €l1(t) shown i FIG. 1, the
implementations of €2(t) shown in FIGS. 13q and 135 are
unlikely to have an undesirable, additional local minimum
when x(t) 1s zero, even when output of the limiting amplifier
1s non-i1deal. Thus, the illustrated implementations of e2(t)
cllectively prevent the equalizer from converging to the

wrong solution. FIG. 14 shows the actual and ideal outputs
of €2(t) as functions of x(t).

Several other implementations are listed below, which are
also less sensitive to non-idealities of the limiting amplifier:

e3(1)=1-x"2I(FIG. 15)

e4(1)=I1-Ixl(FIG. 16)

Although they do not necessarily calculate the original
function e(t) exactly, these error functions are still suitable
for equalization purposes. FIGS. 17 and 18 show the per-
formance of e3(t) and ed(t), respectively, when the absolute
value functions are implemented as the product of a limiting
amplifier output and a delay as described earlier.

For simplicity of illustration, all of the error functions
listed above are shown with an original data signal of 1 or
—-1. However, the error function can also accommodate data
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signal having values of d or —d. The resultant error functions
may be as follows:

e2 (1) =(d—x1)"2
e3()=d2-kxI"2
e4(1)=ld-Lx|

Error Acquisition

Preferably, the error generator output signal 1s further
processed before 1t 1s provided to one or more equalizer
controllers. Preferably, the error generator output signal 1s
provided to one or more error acquisition blocks for filtering,
according to one or more acquisition filters. Typically, an
acquisition filter may comprise one or more anti-aliasing
filters, noise reduction {ilters, low pass filters and/or inte-
grators. Preferably, the frequency characteristics of the sig-
nal may be altered. Preferably, the error acquisition block
samples the signal so that 1t may be provided to an equalizer
controller at a rate consistent with the operation of that
equalizer controller. Referring to FIG. 5, a low pass filter
(LPF) 205 1s used to execute an averaging operation on
incoming data from the error generator according to a
preferred embodiment of the current mmvention. Typically,
this serves to prevent aliasing and reduces noise in the
incoming data signal. According to alternate embodiments
of the current invention, an integrator may be used 1n
addition to or instead of one or more LPFs. According to an
alternate embodiment of the current invention, two or more
error acquisition modules 202, 203, 204 may be imple-
mented as 1llustrated in FIG. 6. Referring again to FIG. 5,
preferably, an analog to digital converter (ADC) 207 may be
used prepare the processed signal for output to the equalizer
control module. Typically, an equalizer control module 250
may be used to control the sampling rate or data acquisition
intervals. Optional timer 209 may be used to control acqui-
sition intervals for sampling at a constant rate. Alternately,
the sampling rate and/or data acquisition interval may not be
controlled by the equalizer control module 250. Typically, 1n
this case, the equalizer control module 250 may discard
unwanted or unprocessable data.

According to a preferred embodiment of the current
invention, the high-speed adaptive equalizer device may
operate iteratively. The word 1teratively, as applied to the
operation of the current invention, 1s contemplated to
include repeating one or more steps as part of the process of
converging to a new or optimized set of filter values.
Alternately, one or more steps may be repeated as part of the
process of responding dynamically to signals with time-
varying noise and interference characteristics. For example,
the steps of data sampling, data filtering, error assessment,
error acquisition, error function application, minimization
algorithm application, weighting function application, coet-
ficient calculation and/or coeflicient setting may be done
iteratively.

Equalizer Control

Preferably, one or more equalizer control modules may
receive processed signals from one or more error acquisition
modules. FIG. 6 illustrates an alternate embodiment of the
current invention wherein a single equalizer control module
252 receives processed data signals from error acquisition
modules 202, 203 and 204. FIG. 5 illustrates a preferred
embodiment of the current invention wherein a single equal-
izer control module 250 receives processed data signals
from error acquisition module 200. Typically, the equalizer
controller receives processed data signals and controls one
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or more controllable analog filters based on one or more
minimization algorithms for mimmizing the error signal. For
example, quasi-Newton, conjugate gradient, steepest
descent, and/or other minimization algorithms may be used.
Typically, an equalizer controller may control a controllable
analog filter by changing the coeflicients used by the con-
trollable analog filter. Advantageously, according to a pre-
ferred embodiment of the current mnvention, any mismatch
in controllable analog filter delay line segments may be
assessed using the error function implemented 1n the error
generator and compensated for by the minimization algo-
rithm. Preferably, the controllable analog filter may be
controlled using analog control signals and the equalizer
controller may comprise a microprocessor capable of gen-
erating digital control signals. In this case, the digital control
signals must be converted to analog signals i1n order to
control the controllable analog filter. Preferably, a digital to
analog converter (DAC) 262 may exist in an equalizer
control module 250 as illustrated 1n FIG. 5. Alternately, one
or more DACs may exist in other regions of the current
invention. For example, a controllable analog filter may
accept digital control signals and perform the digital to
analog conversion within the controllable analog filter.
Preferably, the equalizer control module 200 may be
implemented as one or more microprocessors 260. However,
alternate embodiments according to the current invention
may be implemented using custom hardware, software and/
or firmware. According to a preferred embodiment of the
current invention, excess capacity in the microprocessor 260
or alternate hardware, software and/or firmware may be used
for a variety of purposes. For example, excess memory
and/or storage capacity may be used to store equalizer
performance history and/or device status data. Using excess
processing power of the microprocessor 260 and/or alternate
hardware, software and/or firmware, equalizer performance,
capacity and/or device status may be assessed. For example,
by monitoring the equalizer performance and/or settings, 1t
may be possible for the microprocessor to determine if the
equalizer 1s operating near, at or beyond 1ts operating limat.
Typically, equalizers have operating limits. In some cases, a
preferred embodiment of the current invention may be
installed and operate properly shortly after installation, but
may operate beyond its operating limits a short time later
due to serious degradation of input channel characteristics.
Furthermore, once it has been determined that some element
of the current invention 1s operating near, at or beyond 1ts
operating limits, 1t may be possible to provide notification of
this device status or to take some automated, proactive
action. Furthermore, an inline, non-invasive link monitor
may be implemented according to an alternate embodiment
of the current ivention. For example, the quality of an
optical link may be estimated by assessing the controllable
analog filter coefhicients and estimating the differential
group delay caused by polarization mode dispersion by
computing the frequency response of the controllable analog
filter. Typically, polarization mode dispersion 1s a time-
varying phenomenon. In some cases, historical data may be
stored and a history of link quality statistics may be main-
tained. Preferably, configurations and/or algorithms may be
managed using the control processor, hardware, firmware
and/or soltware. Examples of management tasks may
include: adding, reconfiguring, updating, upgrading, deploy-
ing, deleting and/or decommissioning configurations, con-
trol algorithms, and/or error functions. Furthermore, accord-
ing to an alternate embodiment of the current invention, the
control processor, hardware, firmware and/or software may
be used for joint optimization of the filter coetlicients with
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device parameters for devices internal to and/or external to
the current invention. For example, a processor may be used
to adjust or provide data for the adjustment of the gain
parameters of a recerver i combination with adjusting
controllable analog filter coeflicient values. Similarly, pro-
visions may be made to assess, control and/or compensate
tor chromatic dispersion eflects and/or a variety of transpon-
der features such as sampling phase, decision threshold
levels, and DC oflset levels. Optional control/data input and
control/data output interfaces may be used to enable the
transier of control signals and/or data, into and/or out of an
alternate embodiment of the current invention.

According to an alternate embodiment of the current
invention, some elements of the current invention may be
used 1n one or more modules. For example, referring to FIG.
5, ADC 207 may be used to convert analog signals from LPF
205 1nto digital signals that may be provided to equalizer
control module 250. However, according to an alternate
embodiment of the current mmvention comprising two or
more error acquisition modules, a single ADC may be used
to provide analog to digital conversion for more than one
LPF and/or integrator. Similarly, according to an alternate
embodiment of the current invention wherein one or more
controllable analog filters comprise one or more DFE filters
103 as illustrated 1n FIG. 4, the same slicer may be used 1n
both the DFE and one or more error generators.

Process Illustrations

Referring to FIGS. 7a, b and ¢, these figures illustrate a
process for improved high-speed adaptive equalization
according to the current invention. Optionally, the process
begins when one or more control algorithms are activated or
selected (Step 400). Preferably, one or more of the algo-
rithms comprise minimization algorithms that may be used
for minimizing error signals such as quasi-Newton or steep-
est descent algorithms. Alternately, one or more control
algorithms may be pre-configured. Optionally, the process
continues when one or more controllable analog filters are
mitialized (Step 410). Typically, the step of 1mitialization
comprises setting the 1nitial filter coetlicients for one or more
of the controllable analog filters. Preferably, the filter coel-
ficients may be set to a “pass-through™ mode such that an
incoming signal may pass through the filter unchanged.
However, in some cases, 1nitial filter coeflicients may be set
based on external input, calculation and/or previously stored
values. The process continues when one or more data signal
inputs are recerved by one or more controllable analog filters
(Step 420). Typically, the data signals may comprise high-
speed signals such as, but not limited to, signals obtained
from high-speed lightwave systems. In some cases, the
signals may comprise analog, digital and/or sampled analog
signals. The process continues when one or more control-
lable analog filters filter one or more 1nput data signals (Step
430). Preferably, the step of filtering comprises filtering
noise and/or compensating for channel impairment and/or
imperfections such as iter-symbol interference. Preferably,
a filter 1s controlled wholly or 1n part according to signals
from one or more equalizer controllers. Typically, an equal-
izer controller may control a controllable analog filter by
setting or adjusting one or more of the filter coetlicients that
may be used by the filter 1n providing a weighted sum of a
delayed version of the mput signal. The process continues
when one or more filtered data signals are carried on one or
more controllable analog filter outputs (Step 440). Prefer-
ably, one or more controllable analog filter outputs provide
a filtered data signal output signal to one or more internal
components of the current invention. Preferably, one or
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more controllable analog filter outputs provide a filtered data
signal output signal to one or more components external to
the current invention. However, signals may be further
processed before they are provided to one or more external
components in an alternate method according to the current
invention. For example, 1n some cases, the filtered data
signal output signal may be subject to a slicer operation
before 1t 1s provided to external components. Preferably, the
process continues when one or more error generators receive
filtered data signal output signals (Step 450). Preferably, an
error generator may assess the performance of one or more
analog filters according to one or more error functions and
generate one or more error generator output signals (Step
460). In some cases, filtered data signal output signals may
be massaged before an error function 1s applied. For
example, 1n some cases, 1t may be advantageous to apply a
level shift and/or normalization function before the appli-
cation of an error function. In some cases, a weighting
function may be applied to the error generator signals belore
the error generator signals are provided as output. For
example, a weighting function such as w(t)=xI" may be used
to emphasize the error signal near the center of an “eye
pattern” and de-emphasize the error signal near the zero
crossings of an “eye pattern” without requiring the use of a
clock. However, alternate examples of weighting functions
may use data from a variety of sources such as internal or
external clock modules to provide weighting. Typically, a
large error signal generated by an error generator may
indicate a poorly performing and/or incorrectly configured
high-speed adaptive equalizer device whereas a small error
signal may indicate a properly configured high-speed adap-
tive equalizer device. Preferably, the process continues when
the error generator output signals are further processed (Step
4'70). Preferably, one or more error acquisition modules
receives and processes one or more error generator output
signals. Preferably, the error acquisition module applies one
or more acquisition filters to the error generator output
signals. For example, the error generator output signals may
be processed by one or more anti-aliasing filters, noise
reduction filters, low pass filters and/or integrators. Typi-
cally, an error acquisition module may sample the error
generator output signals at a rate consistent with the oper-
ating speed of an equalizer controller. Preferably, the error
generator output signals may be averaged with one or more
low pass filters and/or integrators. Typically, the output of an
error acquisition module may be digitized using an analog to
digital converter so that digital error signal output may be
provided. Optionally, timing mput may be provided from an
error acquisition module to one or more equalizer controllers
for the purpose of enabling the management, monitoring
and/or control of sampling rates and/or data acquisition
intervals. Preferably, the process continues when one or
more equalizer controllers receives one or more processed
signals (Step 480). Preferably, the processed signals com-
prise error generator output signals processed by an error
acquisition module. The equalizer controller may compute a
new set of coeflicients according to one or more error
minimization algorithms (Step 490). One or more equalizer
controllers control a controllable analog filter by providing
control signal inputs that are used to change the controllable
analog filter coeflicients (Step 500). In some cases, the
control signal mputs may comprise digital signals. Alter-
nately, the control signal mputs may comprise analog sig-
nals. In the case where one or more digital control signal
inputs are received by the controllable analog filter, the
controllable analog filter may convert some or all of the
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incoming digital control signal inputs to analog signals.
Optionally, 1terate one or more times by returning to Step

420 (Step 510).

FIGS. 8a and b 1illustrate a detailed example of adjusting,
the controllable analog filter coeflicients to minimize the
error signal according to a steepest descent algorithm 1n a
preferred embodiment of the current invention. This
example 1s mtended to help illustrate a preferred mode of
operation. A variety of alternate modes are possible. For
example, a variety of techniques for mimmizing a multi-
variate function may be used according to the current
invention. The following example 1s meant to represent only

one of many possible approaches for adjusting the control-
lable analog filter coeflicients for a preferred embodiment of
the current invention. For this example, consider the digital
to analog converter (DAC) 262 illustrated in FIG. 5 may
generate 2D values that are uniformly spaced across a range.
Alternate embodiments according to the current invention
may use one or more different DACs such as, but not limited
to, DACs providing values with non-unmiform spacing and/or
with differing ranges. For this example, the controllable
analog filter 100 may be mitialized by the equalizer con-
troller 250 by using the DAC 262 to set the filter coethicients.
In this example, the 1mitial filter coeflicients may be set to:
c(1)=0, c(2)=0, c(3)=0 . . . c(N=-1)=0, c(N)=1.0 (Step 600).
Steps 610, 615, 620, 630, 640, and 650 illustrate how an
estimate of the gradient of the error signal may be made. An
initial error signal may be acquired from the ADC 207 and
assigned to a variable, x (Step 610). Set variable 1=1 (Step
615). Coelflicient c(1) 1n the controllable analog filter may be
set to c(1)+A where A 1s a small number (Step 620). For this
example, A may be chosen as the smallest positive value
represented by DAC 262. However, alternate selections for
the value of A may be used. In some cases, a slightly larger
A may be used. Alternately, the value of A may be vanable.
In alternate cases, the value of A may be determined by
holding the value of A/x(1) roughly constant. Acquire a new
error signal collected with controllable analog filter set to the
new c¢(1) value and call this error signal value x(1) (Step 630).
Restore the value of ¢(1) 1n the controllable analog filter back
to 1ts original value (c(1)-A) and increment 1 (Step 640).
Repeat steps 620, 630 and 640 for 1=2 to N where N 1s the
number of {filter coeflicients considered, producing x(1),
x(2) . .. x(N). Compute the gradient vector (Step 650). For
example, the gradient vector may be represented as: g(1)=
(x(1)—x)/A for 1=1, 2, . . . N. A variety of techniques may be
used to estimate the gradient vector such as a backward
difference technique, a forward difference technique, a cen-
tered difference technique, or others. In accordance with the
present embodiment of the invention, the gradient vector can
thus be estimated, as opposed to analytically calculated. As
such, the system may continue to perform even when 1t 1s
impossible to calculate an analytical expression for the
gradient vector, or when it 1s 1mpossible to evaluate the
analytically calculated gradient because all of the necessary
the data are not available. Furthermore, the system may thus
operate more elliciently by avoiding the computational
complexity that may be involved with analytical calculation
of the gradient vector.

According to the present embodiment, each component of
the gradient vector 1s determined by varying only one of the
filter coeflicients and detecting a resulting change 1n the
error signal. According to an alternative embodiment of the
invention, each component of the gradient vector 1s deter-
mined by varying more than one of the filter coeflicients and
detecting a resulting change in the error signal.
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Referring back to FIG. 85, a line search 1s performed to
find the value of t that minimizes the error signal for
coellicient values [c(1) c(2) ... c(N)]-t*[g(1) g(2) ... g(N)]
for t>=0 (Step 660). For this example, the notation [c(1)
c(2) . .. c(N)] 1s used to denote an N-dimensional vector
whose 1'th component 1s ¢(1). For this example, the line
search may be performed using Brent’s method as described
on pages 400-405 of Numerical Recipes in C, second
edition, Cambridge University Press 1997, which we hereby
incorporate by reference. However, alternate methods for
performing a line search may be used. In some cases, the
type of line search used may depend on the type of mini-

mization techmque used. Validate results and discard invalid
results (Step 665). For example in some cases, the line
search may fail due to noise 1n the measured error value. For
example, 1f the error value corresponding to the coeflicient
vector for tmin 1s not less than the measured error value for
the original coeflicient vector (t=0), the results may be
considered suspect and should be discarded. For validated
results, set the coethicients for the controllable analog filter
to:

. c(N)]=[e(1) c(2) . .
. g(V)]

[c(1) c(2) . . . c(N)]-tmin*[g(1)

a(2) ..

where tmin 1s the value of t determined according to the line
search executed 1n Step 660 (Step 670). Optionally, return to
Step 610 (Step 680). In this case, iteration may be used to
converge to an optimum set of filter values. Iterative opera-
tion may also be used to respond dynamically to signals with
time-varying noise and interference characteristics.

FEC and Signal Error Adaptive

Equalization

FIG. 21 1s a block diagram of one implementation of an
adaptive equalizer 850 that 1s capable of using information
produced from Forward Error Correction (FEC) decode
processing as well as information produced from evaluation
of the filtered signal to perform adaptive equalization, 1n
accordance with one embodiment of the present invention.

Adaptive equalizer 850 overcomes significant shortcoms-
ings faced by typical implementations of adaptive equaliza-
tion based on FEC ifeedback. As discussed previously,
equalizers usmg FEC feedback are known. However, use of
FEC feedback in adaptive equalization typically requires a
low bit error rate associated with FEC decoding. Higher bat
error rates can cause this type of equalization scheme to
converge too slowly or fail to converge at all. Indeed,
equalization based on FEC feedback may be inoperable
under certain noise and/or interference conditions.

For example, a significant amount of inter-symbol inter-
terence (ISI) may cause the “eye” at the equalizer to be
closed or almost closed when the equalizer begins its
adaptation process such that the bit error rate may be too
high to obtain useful FEC feedback for purposes of adaptive
equalization. To 1illustrate this point, FIG. 22 shows the
output (corrected) bit error rate as a function of the input
(uncorrected) bit error rate for an eight-byte correcting Reed
Solomon decoder using a block size of 255 bytes. It can be
seen from FIG. 22 that the output bit error rate of the Reed
Solomon decoder becomes flat when the input bit error
exceeds approximately 0.007. FIG. 23 shows the uncor-
rected bit error rate for a channel with an impulse response
of [1-alpha alpha], as alpha changes from zero to one. Here,
it 1s assumed that the receiver has a signal to noise ratio of
1’7 dB when alpha 1s equal to zero. Note that the uncorrected
bit error rate of the channel 1s larger than 0.01 when alpha
1s 1n the range where 0.35<alpha<0.65.
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For a signal transmitted through a channel characterized
by FIG. 23 and processed using an FEC decoder character-
1zed by FIG. 22, adaptive equalization based on FEC feed-
back may have significant difliculties. Specifically, FIG. 24
combines FIGS. 22 and 23 to show how the corrected bit
error rate for the [1-alpha alpha] channel varies as a function
of alpha. This plot exhibits a nearly flat region when alpha
talls between 0.35 and 0.65 such that any adaptation algo-
rithm that relies on FEC feedback under these conditions
may not be able to operate at all.

By contrast, FIG. 25 shows the mean-squared-error
(MSE) value for the same [1l-alpha alpha] channel as a
function of alpha. MSE 1s an example of a signal error output
that 1s generated from evaluating the signal after 1t has been
filtered by the adaptive equalizer. Here, mean—squared error
(MSE) 1s defined as (x—sgn(X)) 2, where X 1s the signal and
sgn( ) denotes the signum function. Note that this MSE
graph does not contain any flat regions that may cause
problems for an adaptive equalizer as discussed above.

According to one embodiment of the present inventions,
adaptive equalization 1s performed using an FEC output, as
well as a signal error output. Here, FEC output refers to
information generated by the FEC decode process. One
example of FEC output 1s simply a bit error rate, which can
be an 1nput bit error rate or an output bit error rate associated
with the FEC decode process. Another example 1s a bit error
count, which can be an 1nput bit error count or an output bit
error count associated with the FEC decode process. Of
course, the FEC output needs not be restricted to these
examples and can relate to other information generated
during any portion of FEC decode processing. Signal error
output refers to information generated from evaluating the
signal that 1s filtered by the adaptive filter. As mentioned
above, one example of the signal error output 1s MSE. Of
course, the signal error output may relate to other types of
information generated from examimng the filtered signal.

Referring back to FIG. 21, adaptive equalizer 8350
receives an mput data signal from the channel. Here, the
input data signal 1s an FEC encoded signal that has been
transmitted through a channel associated with ISI and noise.
A controllable filter 852 processes the mput data signal and
produces a filtered signal. Controllable filter 852 may be
implemented as a controllable analog filter or a controllable
digital filter. If controllable filter 852 1s implemented as a
digital filter, the mnput data signal and the filtered signal may
be 1n digital form. An error detector 854 recerves the filtered
signal and generates a signal error output from the filtered
signal. Error detector 854 may comprise an e€ye monitor,
which can measure the remaining ISI after filtering. Error
detector 854 could calculate MSE, or use other statistics of
the signal path to indicate signal error such as distortions
caused by ISI. A controller 856 receives the signal error
output and generates a control signal, which 1s provided to
the controllable filter 852. The control signal 1s capable of
adjusting one or more coellicients associated with control-
lable filter 852.

Here, the structure and operation of controllable filter 852,
error detector 854, and controller 856 may be the same or
similar to that of the adaptive equalization processes 1llus-
trated by adaptive equalizer 90 of FIG. 3. For example,
controllable filter 852 may be implemented as a tapped delay
line filter employing differential delay cells, as shown 1n
FIG. 9. Error detector 854 may utilize one of the implemen-
tations shown 1n FIGS. 11, 134, 135, 15, and 16. Thus,
different error functions may be adopted by error detector
854. Further, controller 856 may include a processor as

shown 1n equalizer controller 250 of FIG. 5.
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Adaptive equalizer 850 may also include a decision
clement 858 that receives the filtered signal from the con-
trollable filter 852 and produces hard and/or soft data
decisions. Decision element 858 may produce a hard deci-
sion using a limiting amplifier, flip-flop, Clock and Data
Recovery (CDR) element, or other device which converts an
analog signal into a symbol—ifor example a “1” or “0” for
a binary system. Decision clement 8358 may alternatively
comprise an analog to digital converter that outputs soft data
decisions of a specified precision. Decision element 858
may recerve a threshold input 860 and/or a clock mnput 862
that facilitate the generation of data decisions. If the con-
trollable filter 1s 1implemented as a digital filter, decision
clement 858 may not be needed.

Adaptive equalizer 850 further includes an FEC decoder
864 that receives the data decisions from decision element
858 and performs FEC decode processing to generate an
FEC output. Here, FEC decode processing refers to any
processing relating to an FEC decoding procedure, which
may or may not generate a data output of corrected bits. The
FEC output may be a bit error rate, a bit error count, or some
other iformation produced from the FEC decode process.
The FEC output 1s provided to controller 856, which gen-
crates the control signal used to adjust the coethicients
associated with controllable filter 852. As shown in FIG. 21,
FEC decoder 864 produces not only the FEC output, but also
data representing corrected bits having a reduced bit error
rate. While FEC decoder 864 1s shown, other devices
performing FEC decoding processing may be used to gen-
crate the FEC output.

According to the present embodiment of the invention,
adaptive equalizer 850 may initially perform adaptive equal-
ization using the signal error output (e.g., MSE), then
perform adaptive equalization using the FEC output (e.g., bit
error rate). Accordingly, the filter coeflicients associated
with controllable filter 852 may first be adjusted to minimize
the MSE by operation of controllable filter 832, error
detector 854, and controller 856. Once a particular condition
1s reached, adaptive equalizer 850 switches to an FEC-based
procedure. Then, the filter coeflicients associated with con-
trollable filter 852 may be adjusted to minimize the bit error
rate, by operation of controllable filter 852, decision element
838, FEC decoder 864, and controller 856. Thus, the signal
error output and the FEC output represent different error
measures available to adaptive equalizer 850. The condition
by which the adaptive equalizer 850 switches from using the
signal error output to using the FEC output may be defined
in a wide range of different ways, as described below.

In one embodiment, the condition may be based on the
FEC output. For example, the condition may be that the bat
error rate has fallen below a specified threshold, which could
indicate that the FEC output has become valid and usetul to
the equalization process. For purposes of 1llustration only, 1f
a Reed-Solomon 7% overhead FEC code 1s implemented,
the threshold may be set to, say, 1le-3. Thus, adaptive
equalizer 850 may switch to an FEC-based adaptive equal-
1zation procedure once the bit error rate falls below 1e-3. Of
course, this particular threshold value 1s only an illustration,
and other threshold values may be used. Alternatively, the
condition may be that the bit error rate has not changed
significantly 1 N 1terations of filter coeflicient adjustments
based on the MSE, where N 1s a specified positive integer.
This may indicate that MSE-based adaptive equalization has
converged. This may also be seen as an indication that
MSE-based adaptive equalization has been used to the best
of its capability, and continuing to perform MSE-based
adaptive equalization 1s not expected to further improve
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performance. In another embodiment, the condition may be
based on the signal error output. For example, the condition
may be that the MSE has fallen below a specified threshold,
or that the MSE has not changed significantly in N 1terations,
where N 1s a specified positive integer. In still another
embodiment, the condition may be based on a combination
of the FEC output, the signal error output, and/or other
factors.

An advantage of first performing MSE-based adaptive
equalization, then performing FEC-based adaptive equaliza-
tion, 1s that the equalizer 1s allowed to adapt itself even in
situations where the channel impulse response would cause
difficulty for FEC-based adaptive equalization. When MSE-
based adaptive equalization converges, equalization 1s sul-
ficiently achieved that the FEC adaptive equalization may no
longer have significantly difhiculties. Furthermore, even 1n
situations where FEC-based adaptive equalization may be
able to converge on 1ts own, 1t may still be desirable to
initially use the MSE-based equalization to reduce the total
number of iterations needed to achieve convergence of
FEC-based adaptive equalization. After the FEC adaptive
equalization converges the equalizer may have a solution
that 1s superior to the MSE solution. The FEC solution may
be superior to the MSE solution for various reasons. For
instance, the signal path ito or nside of decision element
838 may introduce 1ts own ISI. Also, non-linearities in signal
or noise contributions 1n the channel may make the MSE
solution non-optimal.

There are other advantages associated with the technique
described above. First, the proximity of the error detector
854 to the controllable filter 852 and controller 856 may
contribute to a quicker response time and thus faster con-
vergence. By contrast, the data line between the FEC
decoder 864 and the controller 856 may be a slower link,
which would contribute to a slower response time. Further,
FEC output such as an FEC bit error rate or an FEC bit error
count often needs to be accumulated before it can be
transmitted to the controller 856, which could take time. For
example, 1if approximately 100-1000 error counts must be
accumulated to get a reasonably accurate estimate of the bit
error rate, and a Binomial distribution of randomly occur-
ring error counts 1s used, this would 1ndicate a substantial
reduction of the speed at which usetul information 1s fed
back to controller 856. Thus, convergence may be faster
when fewer iterations using the FEC output are required.
Second, as discussed earlier, FEC imnformation may provide
little or no information useful for equalization when severe
ISI 1s present. In such a case, adjustments to the coetlicients
associated with controllable filter 852 can essentially be
random, and little or no progress will be made towards a
correct solution. Third, 1n many cases, the MSE solution,
though not as good as the FEC solution 1n many respects,
may still be suflicient to achieve the desired bit error rate. In
such a case, the convergence time may be independent of
FEC feedback characteristics.

Adaptive equalizer 850 may also revert back to equaliza-
tion based on the signal error output, such as MSE, under
certain circumstances. For example, 1f adaptive equalizer
850 switched from using the signal error output to using the
FEC output as the bit error rate fell below 1e-3, adaptive
equalizer 850 may revert back to MSE-based adaptive
equalization 11 the bit error rate climbs back above 1e-3. Of
course, other conditions may be defined for when adaptive
equalizer 850 1s to revert back to equalization based on
signal error output.

Further, adaptive equalizer 850 needs not be restricted to
the iitial performance of equalization based on the signal
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error output, followed by equalization based on the FEC
output. In fact, adaptive equalizer 850 may use signal error
output at certain times and use FEC output at other times,
depending on the circumstances. For example, 1f the channel
1s varying relatively slowly, adaptive equalizer 850 may
perform adaptive equalization based on the FEC output only.
Or, adaptive equalizer 850 may {irst perform adaptive equal-
ization based on the signal error output, then perform
adaptive equalization based on the FEC output. On the other
hand, 11 the channel 1s varying relatively rapidly, adaptive
equalizer 850 may perform adaptive equalization based on
the signal error output only. Measurements performed at the
error detector 854, such as eye monitor measurements, may
help to determine whether the channel 1s varying slowly or
rapidly. Thus, adaptive equalizer 850 can select equalization
procedure based on a measurement of time-dependent varia-
tion of the channel. This may allow the same system to be
used to compensate for effects of Chromatic Mode Disper-
sion (CMD) and Polarization Mode Dispersion (PMD). For
example, for a channel dominated by CMD, which 1s not
likely to vary significantly with time, the system may
perform adaptive equalization based on the FEC output only,
or perform adaptive equalization based on signal error
output followed by adaptive equalization based on the FEC
output. For a channel dominated by PMD, which may vary
significantly with time, the same system may perform adap-
tive equalization based on a signal error output only, such as
MSE. Thus, according to the present embodiment of the
invention, adaptive equalizer 850 may have diflerent and
flexible ways of utilizing its capabailities for adaptive equal-
ization based on signal error output and FEC output.

Adaptive equalizer 850 may also be used to detect and
resolve problems encountered during MSE-based adaptive
equalization. For example, an adaptive equalization algo-
rithm based on the MSE may {fall into local minima, at which
point the algorithm may be unable to improve the feedback
value with small displacements of the filter coeflicients.
Adaptive equalizer 850 may be able to detect such a scenario
by observing a failure of the FEC decoder 864 to lock. In
response, the controller 866 may restart the convergence

process from a different set of initial filter coeflicient values
for the controllable filter 852.

In accordance with another embodiment of the present
invention, operation of decision eclement 858 may also
utilize the signal error output as well as the FEC output.
Typically, at a unit such as decision element 858, a decision
1s determined by comparing the incoming signal (e.g., the
filtered signal) to at least one reference voltage level (e.g.,
threshold mnput 860) at a particular instant (e.g., clock mnput
862). The sampling time can come from a clock recovery
circuit (not shown in FIG. 21) using some version of the
incoming data signal, possibly from before or after the
controllable filter 852. For example, the phase of the clock
can be adjusted approximately using the signal error output
generated by error detector 854, then fine-tuned using the
FEC output generated by the FEC decoder 864. In a similar
manner, the decision threshold can be approximately

adjusted using the signal error output, then fine-tuned using
the FEC output.

System Environment

FIG. 19 1s block diagram of an optical receiver 800
containing an adaptive equalizer 90 (or an adaptive equalizer
850) 1n accordance with one embodiment of the present
invention. The optical recerver 800 contains an optical to
clectrical conversion block 802. The optical to electrical
conversion block 802 converts optical signals from fiber
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optics equipment 1nto electrical signals. For example, elec-
trical conversion block 802 may contain one or more pho-
todiodes that detect optical signals and produce electrical
signals. Electrical signals from the optical to electrical
conversion block 801 are provided to the adaptive equalizer
90, which performs equalization to reduce channel eflects
such as ISI and/or others, as described previously. According
to the present embodiment, the output of the adaptive
equalizer 90 1s 1n the form of analog electrical signals, which
are provided to an analog to digital conversion block 804.
The analog to electrical conversion block 804 converts the
analog signals into electrical signals.

This may be done using devices such as a sampler. The
output of the analog to digital conversion block 804 1s then
provided to digital circuitry.

FIG. 20 depicts a local area network (LAN) 820 that

employs an optical interface 822 and 1s coupled to a wide
area network (WAN) 824, in accordance with one embodi-
ment of the present invention. Optical interface 822 may
contain optical transmitter and optical receiver equipment.
Specifically, optical interface 822 may contain one or more
optical recervers 800 as described previously. LAN 820 may
be implemented 1n a loop, star, bus, and/or other configu-
ration. Further, LAN 820 may be a single local area network

or a local area network connected with other networks. FIG.
20 shows LAN 820 as being situated inside a building 826
and serving as part of the optical networking infrastructure
of the building 826. LAN 820 may be referred to as “risers”
or “pipes” 1n this contexts. Just as an example, LAN 820
may constitute an optical network using multi-mode optical
fibers carrying traflic at rates of approximately 10 Gbps.
Other types of optical fibers and rates may also be imple-
mented.

As shown, LAN 820 1s coupled to the optical interface
822, which 1s coupled to a server 828. Optical interface 822
receives optical signals from LAN 820 and provides signals
suitable for server 828. Although not shown, there may be
other optical interfaces, similar to optical interface 822, used
in conjunction with LAN 820. Server 828 is 1n turn coupled
to WAN 824. WAN 824 may be implemented 1n a loop, star,
bus, and/or other configuration. Further, WAN 824 may be
a single wide area network or a wide area network connected
with other networks. For example, WAN 824 may comprise
the network of computers commonly known as the Internet.

The foregoing described embodiments of the mmvention
are provided as illustrations and descriptions. They are not
intended to limit the invention to the precise form described.
For example, although a steepest descent minimization
technique 1s used to illustrate the operation of the current
invention, a wide variety of mimmization techniques may be
used instead of or 1n addition to the steepest descent tech-
nique. In particular, the Applicants contemplate that func-
tional implementation of the invention described herein may
be implemented equivalently 1n hardware, software, firm-
ware, or other available functional components or building
blocks. Also, the process steps describing the methods may
be re-arranged and/or re-ordered. Other variations and
embodiments are possible 1n light of above teachings, and 1t
1s thus intended that the scope of invention not be limited to
the described specific embodiments. The specification and
drawings are, accordingly, to be regarded in an illustrative
rather than a restrictive sense. It will, however, be evident
that additions, subtractions, substitutions, and other modi-
fications may be made without departing from the broader
spirit and scope of the invention as set forth in the claims.
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What 1s claimed 1s:

1. A method for performing adaptive equalization com-
prising:
recerving a Forward Error Correction (FEC) encoded
signal from a channel;

filtering the received FEC encoded signal using a filter
according to at least one adjustable filter coeflicient to
produce a filtered signal;

evaluating the filtered signal to generate a signal error
output;

adjusting the at least one adjustable filter coetlicient 1n
response to the signal error output;

performing FEC decode processing dependent on the
filtered signal to generate an FEC output;

adjusting the at least one adjustable filter coeflicient 1n
response to the FEC output;

wherein the at least one adjustable filter coethlicient 1s first
adjusted 1n response to the signal error output, then
adjusted 1n response to the FEC output;

wherein the at least one adjustable filter coetlicient 1s first
adjusted 1n response to the signal error output until a
specified condition 1s met, then adjusted 1n response to
the FEC output; and

wherein the specified condition relates to an error measure
varying less than a predetermined amount in N 1itera-
tions of adjusting the at least one adjustable filter
coellicient, where N 1s a positive integer.

2. The method of claim 1 wherein the signal error output
relates to Mean Squared Error (MSE).

3. The method of claim 1 wherein the FEC output relates
to bit error rate.

4. The method of claim 1 wherein the FEC output relates
to bit error count.

5. The method of claiam 1 wherein the at least one
adjustable filter coeflicient 1s selectively adjusted 1n
response to the signal error output of the FEC output.

6. The method of claim 5 wherein the selective adjustment
in response to the signal error output or the FEC output 1s
selected based on a measurement of time-dependent varia-
tion of the channel.

7. A method for performing adaptive equalization com-
prising;:
recerving a Forward Error Correction (FEC) encoded
signal from a channel;

filtering the received FEC encoded signal using a filter
according to at least one adjustable filter coeflicient to
produce a filtered signal;

evaluating the filtered signal to generate a signal error
output;

adjusting the at least one adjustable filter coeflicient 1n
response to the signal error output;

performing FEC decode processing dependent on the
filtered signal to generate an FEC output:

adjusting the at least one adjustable filter coetlicient 1n
response to the FEC output;

turther comprising;:

generating a plurality of symbols from the filtered
signal based on a symbol decision clock and a
symbol decision threshold, wherein the FEC decode
processing 1s performed on the symbols;

adjusting the symbol decision clock in response to the
signal error output; and

adjusting the symbol decision clock in response to the
FEC output.
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8. A method for performing adaptive equalization com-

prising;:

receiving a Forward FError Correction (FEC) encoded
signal from a channel;

filtering the recetved FEC encoded signal using a filter
according to at least one adjustable filter coeflicient to
produce a filtered signal;

evaluating the filtered signal to generate a signal error
output;

adjusting the at least one adjustable filter coeflicient in
response to the signal error output;

performing FEC decode processing dependent on the
filtered signal to generate an FEC output;

adjusting the at least one adjustable filter coeflicient in
response to the FEC output;

further comprising generating a plurality of symbols from
the filtered signal based on a symbol decision clock and
a symbol decision threshold, wherein the FEC decode
processing 1s performed on the symbols;

adjusting the symbol decision threshold in response to the
signal error output; and

adjusting the symbol decision threshold in response to the
FEC output.

9. An apparatus for performing adaptive equalization

comprising;

a filter capable of filtering a Forward Error Correction
(FEC) encoded signal received from channel according,
to at least one adjustable filter coeflicient to produce a
filtered signal;

an error detector adapted to evaluate the filtered signal to
generate a signal error output;

an FEC decoder adapted to perform FEC decode process-
ing dependent on the filtered signal to generate an FEC
output;

a controller for adjusting the at least one adjustable filter
coellicient 1n response to the signal error output and
adjusting the at least one adjustable filter coeflicient 1n
response to the FEC output;

wherein the controller 1s adapted to first adjust the at least
one adjustable filter coeflicient in response to the signal
error output, then adjust the at least one adjustable filter
coellicient 1n response to the FEC output;

wherein the controller 1s adapted to first adjust the at least
one adjustable filter coeflicient in response to the signal
crror output until a specified condition 1s met, then
adjust the at least one adjustable filter coeflicient 1n
response to the FEC output; and

wherein the specified condition relates to an error measure
varying less than a predetermined amount 1n N 1tera-
tions ol adjusting the at least one adjustable filter
coellicient, where N 1s a positive integer.

10. The apparatus of claim 9 wherein the signal error

output relates to Mean Squared Error (MSE).

11. The apparatus of claam 9 wherein the FEC output

relates to bit error rate.

12. The apparatus of claam 9 wherein the FEC output

relates to bit error count.
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13. The apparatus of claim 9 wherein the controller 1s
adapted to selectively adjust the at least one adjustable filter
coellicient 1n response to the signal error output or the FEC
output.

14. The apparatus of claim 13 wherein the controller
selects to adjust the at least one filter coetlicient in response
to the signal error output or the FEC output based on a
measurement of time-dependent variation of the channel.

15. An apparatus for performing adaptive equalization
comprising:

a filter capable of filtering a Forward Error Correction

(FEC) encoded signal received from channel according,
to at least one adjustable filter coeflicient to produce a
filtered signal;

an error detector adapted to evaluate the filtered signal to
generate a signal error output;

an FEC decoder adapted to perform FEC decode process-
ing dependent on the filtered signal to generate an FEC
output;

a controller for adjusting the at least one adjustable filter
coellicient 1n response to the signal error output and
adjusting the at least one adjustable filter coeflicient 1n
response to the FEC output;

turther comprising a decision element for generating a
plurality of symbols from the filtered signal based on a
symbol decision clock and a symbol decision threshold,
wherein the FEC decoder 1s adapted to perform FEC
decode processing on the generated symbols; and

wherein the symbol decision clock 1s capable of being
adjusting 1n response to the signal error output and
adjusted 1n response to the FEC output.

16. An apparatus for performing adaptive equalization

comprising;

a filter capable of filtering a Forward Error Correction
(FEC) encoded signal received from channel according,
to at least one adjustable filter coeflicient to produce a
filtered signal;

an error detector adapted to evaluate the filtered signal to
generate a signal error output;

an FEC decoder adapted to perform FEC decode process-
ing dependent on the filtered signal to generate an FEC
output;

a controller for adjusting the at least one adjustable filter
coellicient 1n response to the signal error output and
adjusting the at least one adjustable filter coeflicient 1n
response to the FEC output;

turther comprising a decision element for generating a
plurality of symbols from the filtered signal based on a
symbol decision clock and a symbol decision threshold,
wherein the FEC decoder 1s adapted to perform FEC
decode processing on the generated symbols; and

wherein the symbol decision threshold 1s capable of being
adjusted 1n response to the signal error output and
adjusted 1n response to the FEC output.
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